Abstract-This paper proposes a new architecture for outdoor low data rate visible light communication applications. Considering the performances of the digital filtering, the proposed architecture considers the usage of digital signal processing (DSP) as an alternative to the analog signal treatment. The key aspects related with the implementation of the VLC receiver are discussed and motivated through simulations. The simulation results demonstrate the performances of the proposed VLC receiver for different noise levels.
INTRODUCTION
In the last years one can observe a strong demand for wireless communication technologies in multiple fields. Up until few years, the wireless communications were clearly dominated by Radio Frequency (RF) communications, with no perspective for a different strong contra candidate. However, in the recent years, with the advancements in the solid state lighting technology, high performances Light Emitting Diodes (LEDs), capable of rapid switching, enabled Visible Light Communications (VLC). VLC is an emerging wireless communication technology which uses the visible light spectrum, from 380 nm to 780 nm, as a communication medium. Expanding on such a wide spectrum offers VLC the potential to achieve very high data rates, as in [1] . Unlike RF based wireless communications, VLC is safe for human health and for high precision instruments, having the possibility to be used in RF-restricted areas such as airplanes or hospital intensive care units, as in [2] . Since in VLC the light is amplitude modulated by rapid switching LEDs, its development is sustained by the expansions of the solid state lighting industry, which is now able to produce high quality LEDs at a low price. Under these circumstances, LED lighting sources are meant to gradually replace the classical lighting sources [3, 4] , making VLC a ubiquitous technology. LED lighting has begun to be used in the field of transportation, in vehicle lighting systems and in traffic infrastructures, such as traffic lights or street lighting systems [5] . In the area of transportation, wireless communications are required towards the development of the communication-based safety applications, as part of the Intelligent Transportation System (ITS). Here, VLC can be used for Vehicle to Vehicle (V2V) and Infrastructure to Vehicle (I2V/V2I) communications, but also for the cooperation between the two, as demonstrated in [6, 7] , in [8 -11] , respectively in [12] . This way, vehicles are able to share traffic safety information (e.g. velocity, brake, direction, mechanical state, etc.) that can substantially increase the traffic safety. Such a scenario is illustrated in Fig. 1 . The traffic light broadcasts the traffic safety information, containing its location, state, the time before next change and other information about the speed limits and routes to follow. The van receives this data and forwards it to the following vehicle using its tail lights.
In ITS, VLC can be used as an alternative and/or a complement for the RF dedicated short range communications (DSRC) [13] . Due to the relatively limited communication distances (10 -80 meters), VLC is mostly suitable in high density traffic, where a large number of nodes are located within a limited area [14] . Moreover, when these conditions are fulfilled, the usage of the DSRC is rather questionable. The close by vehicles will cause mutual interferences that will increase the latencies and will have a negative effect on the packet delivery ratio [15, 16] .
Some main reasons for the relatively limited range of the VLC systems are signal degradation and the strong noise interferences that affect the signal to noise ratio (SNR). The SNR can be enhanced by using optical lens, by limiting the bandwidth and by proper filtering. Considering the superiority of the digital filters, this paper aims to investigate the performances that could be achieved by a DSP VLC receiver. For this purpose, a new architecture of VLC receiver based on DSP is proposed. In order to enhance the efficiency of the proposed receiver, some of the key blocks are investigated, so that their performances could be improved. Through numerous simulations, the parameters of the different block are improved, enabling the communication in noisy environments. 
II. CONSIDERATIONS ON THE VLC CHANNEL
In VLC, data is modulated onto the instantaneous power of the carrier, technique referred to as Intensity Modulation (IM). For the extraction of the data, the receiver uses the direct detection (DD). In this case, the photodetector, generally a reversed bias silicon photodiode, outputs a photocurrent proportional with the incident light. Following, a transimpedance amplifier converts the small photocurrent into a voltage which is further processed by using analog and/or digital techniques, until the data signal is reconstructed. The transimpedance circuit has low distortion and large gainbandwidth product, representing according to many studies, the best compromise between bandwidth and noise [8, 17] . As a coding technique, the IEEE 802.15.7 standard [18] for wireless optical communication using visible light defines for outdoor low data rate application the usage of the Manchester code, with data rates between 11.67 and 100 kb/s.
In VLC, the emitter and the receiver are interconnected through the free space optical communication channel. As the visible light is an electromagnetic radiation, similar to all electromagnetic radiations, its intensity decreases proportionally to the square root of the distance as it travels through the communication channel, making the signal that arrives at the receiver to be very weak (μW/cm 2 ). Moreover, the VLC channel contains numerous sources of optical noise. In daytime, the most important source of noise is the sun. Other sources of noise are represented by VLC transmitters or by any source of light with or without data transmission capabilities. Artificial light switching or the dynamic conditions also make the VLC channel very unpredictable. In the case of outdoor VLC applications, the unpredictability is even greater because of the weather. Water particle from rain, snow, or heavy fog can affect the VLC link by causing scattering of the light containing the data. The multitude of noise sources, together with the weak signals, especially at long distance, significantly affects the SNR in VLC. Another characteristic of the VLC channel comes from the stringent LoS conditions, which limits the multipath propagation. In outdoor VLC, the multipath has a limited effect which is experienced only at short emitterreceiver distances [19] .
For the VLC receiver, the SNR is affected by two types of noises: shot noise and thermal noise. The shot noise is strictly dependent of the total light incident on the receiver and in the presence of other light sources, is the dominant noise. The thermal noise is introduced by the preamplifier circuit. In daylight conditions its value is very low compared with the one of the shot noise. However, in the absence of other light sources, it represents the dominant noise. Both shot noise and thermal noise are signal independent and white, and can be modeled as Additive White Gaussian Noise (AWGN). In the context in which the AWGN is dominant in VLC, the following simulations will focus on its effect on the communication. However, other forms of noises may affect VLC.
III. THE CONFIGURATION OF THE PROPOSED VLC RECEIVER
For most of the existing outdoor VLC prototypes, the output of the transimpedance circuit is processed mostly by using analog techniques (see [7 -10] ). Even if this approach has the advantage of a lower implementation cost, future VLC prototypes could take advantage of the use of DSP techniques. The central element of a DSP system is the digital filter. The digital filters can achieve far better results compared with the analogical ones, fact that had a key contribution at the increasing popularity of the DSP systems. Since the outdoor VLC channel is strongly affected by noise, the superiority of the digital filters represents a major advantage that can enhance the performances of future VLC receivers. In order to investigate the performances of such a system, a VLC DSP receiver architecture is proposed and presented in Fig. 2 . For the proposed receiver and for the following tests, a modulation frequency F=11.67 kHz is considered. All the tests were performed on Manchester encoded messages. As illustrated in one that has the period equal with half of the bit period, corresponding with the clock rate of the modulation frequency and one that has twice this period. The effect of the noise and of the filters on the two types of pulses is slightly different. The following results contain the average for an equal number of pulses from each category. The analog to digital conversion is performed by a 12 bits ADC unit at a sampling frequency of 1.167 MHz. However, the performances of the proposed receiver can be greatly improved by using a higher sampling frequency which has as main advantage a better filtering. This fact is illustrated in Fig. 4 , where it can be observed how does the sampling frequency influences the pulse distortion in the case of a 2 nd order Butterworth filter with a cutoff frequency of 1.5·F, with respect to the SNR.
A. Selecting the filters
One of the most important components of a DSP system is the digital filter. The digital filters are the central element of the DSP system and for this reason it is very important to determine the suitable filter and its parameters. Selecting the order of a digital filter represents a tradeoff between the quality of the filtering on one side and the number of mathematical operations performed for each sample on the other side. A higher filter order will provide a better output with lower distortions but will require more computational resources which will increase the cost of the system. Fig. 5 illustrates the manner in which the order influences the quality of the filtering for the case of the Butterworth filter. It can be observed that starting with the 2 nd order, the filters have comparable performances in terms of pulse error rate (PER). Based on these results and aiming not to increase the cost of the receiver, the 2 nd order filter was considered as a fair trade between performances and resource requirement.
The next investigation aims to confirm the selection of the Butterworth filter by comparing it with the Elliptic and the Chebyshev filters. In other to evaluate the performances of the three filters the pulse length of the reconstructed pulse was measured and distortions of the pulses were determined. The pulse width distortions for the three types of filters are illustrated in Fig. 6 . The results confirmed the superior performances of the Butterworth filter.
After selecting the Butterworth filter, the next tests related with the filtering had as purpose to determine the optimal cutoff frequency. In this case, several cutoff coefficients had been chosen and their efficiency has been tested for the proposed receiver. Fig. 7 shows how the different cutoff coefficients affect the PER. Therefore, a cutoff frequency of 1.5·F was considered. 
B.
Adaptive thresholds for enhanced performances Considering the square pulse reconstruction, it is made based on triggering, according with the values of the thresholds. At this level two approaches were considered and investigated: one based on symmetric triggering and one based on asymmetric triggering. For the symmetric approach, the threshold is set at the same value for both the rising and the falling edges, in this case half the data signal's amplitude. For the asymmetric approach, the thresholds for the rising and for the falling edges have different values. The employment of asymmetric thresholds seemed an adequate option because in some cases, the noise leads to the occurrence of peeks that can reach amplitude levels that can go as high as half the useful signal amplitude, or even above. In these cases, by increasing the rising edge threshold prevents false triggering. To compensate the effect of this increase, the threshold of the falling edge must be symmetrically decreased. Under these circumstances, two asymmetric thresholds were investigated: 0.6 and 0.4 respectively 0.65 and 0.35 the signal amplitude. Even if in some specific cases this approach was found useful, its usage has not been found to improve the overall performances. As showed in Fig. 8 , the results for these tests showed that the symmetric signal reconstruction had better results in terms of PER.
Furthermore, in order to enhance the systems performances, the pulse reconstruction is a progressive one, that uses a partial reconstruction block before the final triggering. This block uses a multi-level triggering based on an adaptive threshold computing algorithm. This way, the threshold is continuously changing its value, within certain limits, based on the input samples and on the values of the previous samples. For every pulse, the values of the previous samples are used to determine the signal minim and the maxim, values that will be used for the threshold computation. Moreover, to help prevent false triggering, the values of the thresholds are modifying their values according with the input signal. An example that illustrates the necessity of the adaptive triggering is illustrated in Fig. 9 .a. It can be observed that after the input signal got above the threshold limit the triggering was effectuated, but immediately after, because of the noise, the signal decreased below the threshold triggering a '0', and then again the signal began to rise, triggering a '1'. To prevent such false triggering, right after the threshold limit is exceeded the value of the threshold is set to the lowest value, value which is increasing gradually as the input signal amplitude is rising. The effectiveness of this approach is illustrated in Fig. 9 .b. Also, it can be observed that the output signal (red) is not a perfectly square signal but a partially reconstructed signal, as an intermediate step towards the square signal triggering. 
IV. FINAL SIMULATION RESULTS
The final tests were performed in order to determine the Bit Error Ratio (BER) and the Frame Error Ratio (FER) results for the proposed receiver architecture. A digital frame has been defined, as illustrated in Fig. 10 . The frame consists of several synchronization bits, a start bit, the data bits and a stop bit. For these tests, short messages of 64 data bits (8 ASCII characters) were sent in different noise conditions. The results for these tests are presented in Fig. 11 . It can be observed how the noise affects the BER and the FER results. The results show that for a SNR above 4 dB, the BER is higher than 10 -5 . Since the results were obtained without any error correction technique, it can be considered that the proposed receiver architecture is suitable for outdoor VLC. The usage of the Convolutional and of the Reed Solomon codes will further improve the receiver performances. 
V. CONCLUSIONS
The superiority of the digital filters has the potential to enhance the performances of the future VLC receivers. This paper proposed a new DSP VLC receiver architecture and presented an analysis over the aspects that influence its performances. The results of these analyses allowed the selection of the optimal parameters for the proposed architecture. The simulation results confirmed the suitability of the proposed receiver for VLC, even at low SNR levels.
Preliminary tests of the architecture were performed on a low cost hardware system (16 bits DSPic) and confirmed the performances. However, due to the high complexity, the system was not fast enough in order to allow for real-time processing.
